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HEARING AID INCORPORATING A NOVELTY FILTER 



BACKGROUND OF THE INVENTION 



08 040709 



— Field of the Invention 



This invention relates generally to a hearing aid and, 
more particularly , to a hearing aid incorporating a novelty 
filter providing adaptable gain in a plurality of channels. 



2. Discussion of the Related Art 

Conventional hearing aids come in a variety of shapes 
and styles. Typically, however, every hearing aid will consist 

10 of a microphone, an amplifier, and an ear phone, sometimes known 
as a driver. The microphone will be directed towards the 
environment and the ear phone will be directed towards a user's 
ear drum such that environmental sounds sensed by the microphone 
will be amplified by the amplifier and delivered to the ear phone 

15 to enable the user to perceive these sounds. More sophisticated 
hearing aid models may incorporate several channels of 
amplification, each channel being assigned a particular frequency 
band by a bandpass filter within the normal hearing range. 
Whatever designs and features a hearing aid incorporates, a 

20 number of problems must be addressed in design. Typical problems 
encountered by a hearing aid user include feedback between the 
microphone and the ear phone, inappropriate gain settings of the 
amplifier in one or more of the channels, and poor battery life. 

Feedback occurs due to the fact that the hearing aid 

25 is a high gain (30dB or more) device in which the microphone and 
the ear phone are generally spaced less than one inch apart from 
each other within a common housing. When a hearing aid is fitted 




to a particular user, usually the seal between the hearing aid 
housing and the user's ear canal ensures acoustic isolation 
between the microphone and the earphone, thus substantially 
eliminating feedback. However, through normal use of the aid and 
5 age of the user, certain factors, such as the shape of the ear 
canal, cause loss of isolation between the microphone and the 
earphone, thus producing feedback. Consequently, the hearing aid 
may have to be replaced or readjusted. 

Many conventional hearing aids use a number of channels 

10 of amplification having a fixed gain setting for each channel. 
Typically, the gain is preset by the hearing aid dealer or 
audiologist. Environmental acoustics or high levels of noise may 
all conspire to make gain settings which are ideal at the hearing 
aid dealer's office inappropriate for the particular 

15 idiosyncracies of the user's environment. Consequently, since 
the gain is preset, a hearing aid user will not realize the most 
desirable gain for each channel of the hearing aid in the 
environments the user may encounter. Additionally, each 
amplification channel amplifies not only the desirable sounds, 

20 but those of unwanted background noise as well. Certain hearing 
aids may, however, incorporate automatic gain control (AGC) or 
output limiting in which the hearing aid automatically limits the 
intensity of the amplification of a sound. 

What is needed then is a hearing aid which compensates 

25 for feedback, and which provides an adaptively adjustable gain 
in each channel in order to selectively amplify desirable sounds. 
It is therefore an object of the present invention to provide 
such a hearing aid. 
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SUMMARY OF THE INVENTION 
This invention discloses a hearing aid incorporating 
one or more channels of amplification in which each channel 
includes a novelty filter. An acoustic input is converted by a 
5 microphone associated with the hearing aid to a proportionate 
electrical signal which is applied to a bandpass filter 
associated with each channel which establishes the frequency 
range for that particular channel. In each channel of 
amplification, an output from the bandpass filter associated with 

10 that channel is applied to a variable gain amplifier, a short- 
term energy averaging circuit and a long-term energy averaging 
circuit. An output of the variable gain amplifier is applied to 
a summing amplifier for summing together the different channels 
which in turn has an output applied to an earphone. An output 

15 of both the short-term energy averaging circuit and the long-term 
energy averaging circuit is applied to a difference amplifier 
which has an output as an adjustment to the gain of the variable 
gain amplifier. 

The long-term energy averaging circuit is an integrator 

20 which integrates the level of steady state sounds, representing 
background noise that does not change significantly over time, 
having a power spectrum with energy within the particular 
frequency range. An output of the long-term energy averaging 
circuit is applied to the variable gain amplifier such that a 

25 high long-term energy average tends to force the difference 
amplifier output negative, thus reducing the gain of the variable 
gain amplifier and reducing the level of background noise. When 
a novel acoustical event occurs having a varying power spectrum, 
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such as a person speaking in the din of background noise and 
having energy within the frequency range, the short-term energy 
averaging circuit will drive the difference amplifier output more 
positive , thus increasing the gain of the variable gain 
5 amplifier. Consequently, novel or desirable sounds experience 
high gain, while steady state sounds experience low gain. In a 
similar fashion, feedback is sensed by each amplifier channel as 
a steady state sound typically within a particular amplification 
channel within the system. Because it is a steady state sound, 

10 the long-term energy average is increased, which reduces the gain 
in that particular band, thus reducing feedback. 

Additional objects, advantages, and features of the 
present invention will become apparent from the following 
description and appended claims taken in conjunction with the 

15 accompanying drawings. 

BRIEF DESCRIPTION OF THE DRAWINGS 
Fig^^l^is a schematic block diagram of a hearing aid 
according to a preferred embodiment of the present invention; 

Figu£e^2 is a more detailed schematic block diagram of 
20 a particular hearing aid amplification channel according to a 
preferred embodiment^of the present invention; and 

Figurid^is a schematic block diagram of a hearing aid 
incorporating a plurality of different amplification channels 
according to a preferred embodiment of the present invention. 
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DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS 

The following discussion of the preferred embodiments 
concerning a hearing aid incorporating a novelty filter is merely 
exemplary in nature and is in no way intended to limit the 
5 invention or its applications or uses. 

First turning to Figure 1, a schematic block diagram 
of a hearing aid circuit 10 according to one preferred embodiment 
of the present invention is shown. The hearing aid circuit 10 
includes a microphone 12 for sensing acoustical events and 

10 generating an electrical signal indicative of these events. The 
electrical signals from the microphone 12 are applied to a 
bandpass filter 14. The bandpass filter 14 filters the 
electrical signals and provides signals representative of a 
predetermined audible frequency range to an amplifier circuit 16. 

15 The amplifier circuit 16 amplifies the signals and applies them 
to an earphone 18, thus enabling a hearing aid user to perceive 
the sounds as sensed by the microphone 12. This system will be 
configured within a housing (not shown) adaptable to fit within 
an ear canal of a user. The amplification circuit 16 represents 

20 one channel of amplification, but it will be understood that 
typically hearing aids will include a plurality of these 
amplification channels, each including a separate frequency range 
as set by a particular bandpass filter. 

The amplification circuit 16 includes a variable gain 

25 amplifier 20 and a short-term energy averaging circuit 22, both 
of which receive the electrical signal from the bandpass filter 
14. An output of the variable gain amplifier 20 is applied to 
the earphone 18 and a long-term energy averaging circuit 24. 

- 5 - 




Outputs from both the short-term energy averaging circuit 22 and 
the long-term energy averaging circuit 24 are applied to a 
positive and a negative input of a difference amplifier 26, 
respectively. The difference amplifier 26 has an output which 
5 provides control of the gain of the variable gain amplifier 20. 
The variable gain amplifier 20 and the difference amplifier 26 
are conventional amplifiers in the art and thus, their specifics 
need not be discussed here. Both the short-term energy averaging 
circuit 22 and the long-term energy averaging circuit 24 are 

10 conventional integrators, well known to those skilled in the art, 
having the appropriate time constants which will integrate 
signals over a certain period of time. In other words, an 
acoustical event which has a power spectrum which does not change 
significantly over time, say for more than ten seconds, will be 

15 integrated by the long-term energy averaging circuit 24 in order 
to provide an output at the negative input of the difference 
amplifier 26. Likewise, the short-term energy averag ing circui t 
22 will have a much smaller time constant such that novel 
acoustical events which have power spectrums substantially 

20 continuously changing over time will be integrated and thus, the 
short-term energy averaging circuit 22 will provide an output at 
the positive input of the differential amplifier 26. 

It is noted that the electrical configuration of the 
short-term energy averaging circuit 22 and the long-term energy 

25 averaging circuit 24 with respect to receiving the filtered 
signal from the bandpass filter 14 is not critical in that both 
of the short-term energy averaging circuit 22 and the long-term 
energy averaging circuit 24 can receive the electrical signal 
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prior to being amplified by the variable gain amplifier 26. The 
short-term energy averaging circuit 22 should receive its input 
signal before the variable gain amplifier 20 to avoid an unstable 
positive feedback situation. Because long term energy decreases 
the gain of the amplifier 20, its input signal can come after the 
variable gain amplification by the amplifier 20 so that a stable 
negative feedback condition results. 

In operation, the microphone 12 will sense acoustical 
events from the environment • The bandpass filter 14 will limit 
the signals to a particular range. The long-term energy 
averaging circuit 24 integrates acoustical events having a 
substantially continuous power spectrum and produces an output 
which tends to force the output of the difference amplifier 26 
negative, thus reducing the gain of the variable gain amplifier 
20. When a novel acoustic event occurs of a changing power 
spectrum, having energy within the range of the bandpass filter 
14, the short-term energy averaging circuit 22 will provide an 
output signal to the difference amplifier 26 which causes the 
difference amplifier 26 to increase the gain of the variable gain 
amplifier 20. Consequently, the amplifier circuit 16 operates 
as a novelty filter. In this manner, novel, and generally 
desirable, sounds experience high gain, while steady state, 
generally undesirable background noise and sounds experience low 
gain. Therefore, a user will affectively perceive only those 
sounds which are desirable. 

In practice, a hearing aid user in a room filled with 
continuous noise would experience a gradual decrease in the 
perceived sound as the hearing aid computed the long-term average 



of the noise and reduced the gain of the hearing aid accordingly. 
As a novel event occurred, such as a person speaking, the hearing 
aid would increase the gain within those channels corresponding 
to the frequency band of the speech, thus enabling the user to 
perceive the sound. 

In the same manner, the amplifier circuit 16 provides 
automatic feedback cancellation. If feedback occurs, the 
feedback signal will be sensed by the amplifier circuit 16 as a 
steady state sound typically within a single channel of the 
circuit 10. Because it is a steady state sound, the feedback 
increases the long-term average, thus reducing the gain within 
that band. Reduced gain in a particular band eliminates the 
feedback without affecting the signals within other bands. 

Turning to Figure 2, a more detailed illustration to 
that of the hearing aid circuit 10 is shown. Specifically, a 
hearing aid circuit 30 is shown, according to one preferred 
embodiment, in a schematic block diagram form in which a more 
detailed illustration of the amplifier circuit 16 is given. As 
with the hearing aid circuit 10 above, the hearing aid circuit 
30 includes a bandpass filter 32 operating in the same fashion 
as the bandpass filter 14, and a variable gain amplifier 34 
operating in the same manner as the variable gain amplifier 20, 
above. The microphone 12 and the speaker 18 are not shown in 
Figure 2, but it will be understood that they will be included 
in the same manner as to that of the hearing aid circuit 10. 



As above, a filtered electrical signal of an acoustical 
event is output from the bandpass filter 32 and applied to the 
variable gain amplifier 34. Additionally , this signal is also 
applied to a rectifier 36 and a first low pass filter 38. The 
rectifier 36 is provided to allow electrical current to travel 
in one direction, and the low pass filter 38 is provided to 
prevent high frequency signals from traveling to the subsequent 
electrical components, here signals above 75 Hz. Consequently, 
the combination of the rectifier 36 and the low pass filter 38 
only allows signals to pass below a certain frequency. The 
operation and electrical configuration of rectifiers and low pass 
filters are well known to those skilled in the art, and therefore 
these devices need not be discussed in any subsequent detail. 

An output signal from the low pass filter 38 is split 
and applied to a second low pass filter 40 and a summation 
junction 42. The signal output from the low pass filter 40 
represents a long-term energy averaging signal and the signal 
output from the low-pass filter 48 represents a short-term energy 
averaging signal. 

Once the signal from the low pass filter 38 is filtered 
by the low pass filter 40, here to a level below 1 Hz, it is 
applied to a difference amplifier circuit 44 and the summation 
junction 42 as a negative input. The filtered signal from the 
low pass filter 38 is applied to the summation junction 42 as a 
positive input such that the output of the summation junction 42 
is a summation of the signal from the low pass filter 40 and the 
signal from the low pass filter 38. The output signal from the 
summation junction 42 is applied to a rectifier 46 and then to 



a third low pass filter 48 which again filters out signals above 
a predetermined value, here signals above 35 Hz. The output of 
the low pass filter 48 is applied to the difference amplifier 
circuit 44 as a short-term average energy input. The frequencies 
of the low pass filters 38, 40 and 48 are merely illustrations, 
and thus could be different for different applications. 

Within the difference amplifier 44, the long-term 
average energy input from the low pass filter 40 is applied to 
a first operational amplifier 50 and a second operational 
amplifier 52. The amplifier 52 has an inverted weighting 
function which multiplies the signal from the amplifier 50 by a 
particular predetermined constant and inverts it in order to 
decrease the output of the difference amplifier 44. Likewise, 
the filtered output from the low pass filter 48 is applied to a 
third amplifier 54 which multiplies this signal by a 
predetermined weighting function in order to increase the output 
of the difference amplifier 44. The outputs of the amplifier 52 
and the amplifier 54 are applied to a summation junction 56 for 
increasing and decreasing the output of the difference amplifier 
44 as just described. Also applied to the summation junction 56 
is an offset signal, here represented by input C. The offset 
signal sets a predetermined output of the difference amplifier 
44 as a nominal gain. 

The output of the summation circuit 56 is applied to 
a sigmoidal transfer function circuit 58. The transfer function 
circuit 58 is a saturated gain circuit which clips the output of 
the difference amplifier 44 to a level below a predetermined 
value. Transfer function circuits of this type are well known 
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in the art, and thus do not need to be described in any detail 
here. The output of the difference amplifier 44 is applied to 
the variable gain amplifier 34 in order to adjust the output of 
the circuit 30 in the same manner as that discussed above for 
variable amplifier 20. Additionally, the output of the 
difference amplifier 44 is applied to the gain control of the 
amplifier 50 in order to adjust the long-term signal being 
applied to the difference amplifier 44. Also, the input to the 
amplifier 52 from the circuit 58 effectively provides a long term 
energy averaging signal from the output side of the variable gain 
amplifier 34. 

Figure 3 shows a hearing aid circuit 60 incorporating 
a plurality of amplification channels 62, here eleven. A 
microphone 64 provides an electrical signal to each of the 
amplification channels indicative of the acoustical event it 
senses. A bandpass filter (not shown) in each of the 
amplification channels 62 eliminates all frequencies except those 
desired for that channel. An output of each of the amplification 
channels 62 is applied to a summing amplifier 66 which adds all 
of the particular frequencies together. An output of the summing 
amplifier 66 is applied to an earphone 68, thus enabling the 
hearing aid user to perceive the sounds picked up by the 
microphone 64. Additionally, output limiting circuitry or 
automatic gain control can be incorporated within the summing 
amplifier 66 in order to provide a volume control feature. 

It is generally desirable in this type of system to 
incorporate several amplification channels in order to provide 
a wider degree of resolution. Because a novel acoustical event 
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in each channel will cause the gain of the entire channel to 
increase , it is desirable to provide a number of channels because 
background noise in other channels will not be increased as the 
background noise is increased in a specific channel having the 
range of the novel acoustical event. It is noted that the 
specific frequency range of each channel can be tailored to 
specific applications in that each different amplification 
channel does not have to cover a band of frequencies of the same 
magnitude as other channels. Consequently, a versatile hearing 
aid can be realized. 

The foregoing discussion discloses and describes merely 
exemplary embodiments of the present invention. One skilled in 
the art will readily recognize from such discussion, and from the 
accompanying drawings and claims, that various changes, 
modifications and variations can be made therein without 
departing from the spirit and scope of the invention as defined 
in the following claims. 



